



AUDIO & HI-FI 





digital volume 
control 








for Elektor’s Audio DAC 2000 





This circuit is especially 
designed for those who 
are not satisfied with a sin- 
gle, fixed volume level for 
their Audio DAC 2000. 
Minimal modifications to 
the DAC circuit board and 
a simple processor circuit 
are all that are needed to 
add a de /uxe pushbutton 
volume and balance con- 
trol. An adjustable preset 
is even included! 


Design by T. Giesberts 


E 


In part 2 of the description of the Audio 
DAC 2000 (Elektor Electronics, December 
1999), we already briefly mentioned 
that the DF1704 digital interpolation fil- 
ter includes a digital attenuator that can 
be adjusted under software control. We 
more or less suggested that this feature 
could be used very well in combination 
with an external processor to realise a 
digital volume control. 

Actually, it wasn’t so clever to make 
this suggestion, since we should have 
known that such a suggestion would 
only arouse immediate requests. We 
thus set to work straight away to 
develop an extension circuit that 
allows such a volume control to be 
added to the Audio DAC. 

The result is described in this article. 
This is a completely custom processor 
circuit that includes software specially 
developed for this application. 
Together, these allow the volume and 
balance to be precisely adjusted using 
up/down and left/right pushbuttons. 


The step size is so small (0.5 dB) that 
the adjustment is practically continu- 
ous over the full range. A fifth button 
allows the user to quickly select a pre- 
set volume level and ‘flat’ balance, 
while simultaneously pressing buttons 
1 and 5 activates a mute function. 

The circuit is easy to build, and con- 
necting it to the Audio DAC circuit 
board is simply child's play. 


A BIT OF HARDWARE 

In order to control the digital attenua- 
tors in the DF1704, it is necessary to 
switch this digital filter IC to the soft- 
ware mode. As noted in part 2 of the 
Audio DAC 2000 project description, 
this mode is selected by leaving pin 10 
of the DF1704 open. Pins 13, 12 and 11 
are then the ML, MC and MD inputs, 
respectively, of the three-wire software 
control port. All that is needed to make 
these inputs accessible on the DAC cir- 
cuit board is to remove DIP switch $2 
and replace it with an 8-pin flatcable 
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connector in DIL format. The relevant 5Vp 
part of the Audio DAC circuit diagram 1 (+) 
is reproduced in Figure 1, for clarity. 

The complete hardware of the vol- c16 |ci7 
ume control is shown in Figure 2. As — 
can be seen, this is truly a basic circuit, 10u |63V |100n ay 
consisting of an 80C32 processor (IC1), a 
an address latch (IC2), an EPROM 
(IC3) containing the necessary software 
and a RAM (IC4). The flatcable from 
the DF1704 is attached to connector K1. 
The five control switches S1 through S5 
are located on a separate part of the cir- 
cuit board, which can be separated 
from the remainder of the board. A 
short piece of flat cable between K2 
and K3 interconnects the two parts of 
the circuit board. 

The circuit also includes a 5-way 
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DIP switch (S6) for presetting a volume ML/RESV Beko H£ 
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this last component, it at least provides 
a route for hobbyists to add remote 
control capability to the volume con- 
trol. Of course, suitable ‘home-made’ 
software is required to support this 
capability. 

All that’s left in Figure 2 is the power 
supply. As can be seen, this is built in a 
conventional manner with a rectifier, 
filter and voltage regulator ([C6). With 
an eye on possible future applications, 
the stabilised +5 V supply voltage is 
also made externally available. 


FOUR REGISTERS 

The DF1704 has four internal registers, 
called MODEO through MODES3, that 
determine the settings of the filter. The 
attenuators can only be controlled in 
the software mode, which means that 
the filters must be supplied with fixed 
settings by the processor after the cir- 
cuit is switched on. The DIP switches 
on the DAC circuit board no longer 
have any function in the software 
mode. The detailed information that is 
needed for programming the various 
settings can be found on page 10 of the 
original Burr-Brown data sheet for the 
DF1704. If you are interested, you can 
view the data sheet at the Internet site 
www.burr-brown.com. 

In addition to the settings that can 
also be realised using hardware, there 
are three settings that relate to how the 
attentuators are controlled. In the 
MODES register, bit 2 is the ATC (atten- 
uator control) bit. This bit controls 
whether the left and right attentuators 
work with the same data or separate 
data. If ATC is set to 0, the two attenu- 
ators can be set independently. If ATC is 
set to 1, both attenuators are coupled 
and are set by the data for the left 
attenuator, contained in the MODEO 
register. With our volume control, we 
chose to use separate control data to 
allow the balance to be controlled, 
which means that ATC is always set to 
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0. Register MODEO thus contains the 8- 
bit data for the left channel, and regis- 
ter MODE1 contains the 8-bit data for 
the right channel. 

In addition to two address bits, 
each of the attenuator registers con- 
tains an Attenuator Data Load Control 
bit — LDL — for the left channel and 
LDR for the right channel. If LDL or 
LDR is set to 1, the associated attenu- 
ator can be set to a new value, while 
setting LDL or LDR to 0 prevents the 
setting from being changed. LDL and 
LDR are always set to 1 by the proces- 
sor, so that the software determines 
whether a given attenuator should 
receive different data. 

All registers work with 16-bit data, 
which is sent with the MSB (bit 15) 
first. The top five bits are always 
reserved and have no function. Bits 9 
and 10 represent the address bits AO 
and A1, respectively. 


SOFTWARE DESIGN 
The software that is needed for the vol- 
ume control has been developed using 
a higher programming language 
known as NiliPascal 3.0. Since the com- 
plete program listing takes up a lot of 
space, we have not printed it here. If 
you are interested in reading it, have a 
look at our web site (www.elektor-elec- 
tronics.co.uk). The flow chart shown in 
Figure 3 provides enough information 
to give you an idea of what the proces- 
sor does after being switched on, and 
how it responds to pressing any of the 
five buttons. 

At the beginning, the program waits 





990080 - 11 


Figure 1. Switch S2 on the 
DAC circuit board must be 
replaced by an 8-pin DIL flat 
cable connector. 


two seconds after the power-up to 
make sure that there are no longer any 
resets active. After this, it initialises the 
digital filter by writing data to all the 
registers. Table 1 lists the settings that 
have been chosen for MODEO through 
MODES. The same data is written to 
the MODE2 and MODES registers each 
time the Preset button is pressed. Most 
of the settings correspond to those rec- 
ommended by Burr-Brown for the 
hardware mode (Soft Mute = OFẸ De- 
emphasis = OFẸ Input Data Format & 
Word Length = PS 24 bit, Output Data 
Word Length = 24 bit, LRCIN Polarity 
Selection = Left Channel is HIGH and 
Right Channel is LOW, Digital Filter 
Roll-Off selection = sharp roll-off, Sam- 
pling Frequency Selection for De- 
emphasis function = 44.1 kHz). In this 
case, we have deliberately decided not 
to support the de-emphasis function 
(which would require an extra connec- 
tion to the de-emphasis output of the 
GAL IC), since CD recordings with pre- 
emphasis are rare. 

In the initialisation procedure, the 
state of the preset DIP switch S6 con- 
nected to port 3 is first read. The set- 
tings of S6 define the default volume 
level. This value is also read every time 
the Preset button (S3) is pressed. After 
S6 has been read in, the byte value so 
obtained is adjusted such that the set- 
tings of S6 form the five MSBs for both 
the left and the right attenuators. This 
amounts to multiplying the read-in 
value by 4 and then adding 7 to the 
result. The LSB of S6 (switch S6-1) thus 
forms the fourth bit of the attenuator 
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data, and has a binary 
weight of 8. 

The step size of the 
attenuators in the digital 
filter is 0.5 dB, so the mini- 
mum step size of S6 is 4 dB. 
In practice, this provides 
adequate resolution to 
allow the desired average 
listening level to be set, 
even though the maximum 
deviation in the level is 
never more than+2 dB 
when a final amplifier is 
driven directly. The maxi- 
mum level, which is 
obtained when all the 
switches of S6 are ON, thus 
corresponds to the level in 
the hardware mode. 

We have expressly cho- 
sen to use the same levels 
for the left and right chan- 
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Figure 2. Only a very small amount of hardware is needed. Five 
pushbutton switches are used to operate the volume control. 


nels (with no balance offset), since 
practice shows that balance controls 
are almost always set to the middle 
position. Otherwise there is something 
wrong with the rest of the installation, 
such as an incorrect placement of the 
loudspeakers or something similar. In 
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addition, you know for sure that the 
two channels are balanced after the 
preset button has been pressed. 
However, the possibility of attenu- 
ating one of the channels is provided 
by two pushbuttons (S4 and S5) that 
act as a balance control. The software is 
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COMPONENTS LIST 

3 Figure 3. Flow diagram of 
Resistors: the software. The com- 
R1 = 8kQ2 | waite seo plete listing is available 


R2 = 47Q* on the Elektor website. 


Capacitors: | initiatisation | 
Ci = 10uF 63V axial 

C2,C3 = 22pF 

C4 = 220uF 25V radial* 
C5-C8,C10,C11 = 100nF ceramic 
C9 = 10uF 63V radial 

C12 = 470uF 25V radial 

C13-C16 = 22nF ceramic 





CHECK KEYPAD 


Y 
<= 


Semiconductors: 

B1 = B80C1500 (rectangular case) 

IC1 = 80C32-16 

IC2 = 74HC573 

IC3 = 270256 (programmed, order 
code 006506-1) 

IC4 = 6264 

IC5 = SFH506-36* 

IC6 = 7805 


Miscellaneous: 

K1,K2 = 10-way boxheader 

K3 = 10-way PCB connector for 
flatcable 

K4 = 2-way PCB terminal block 

$1-S5 = pushbutton, 1 make 
contact, e.g., ITT/Schadow D6-Q- 
BK + D6Q-BK-CAP 

S6 = 5- or 6-way DIP-switch 

X1 = 16MHz quartz crystal 

PCB, order code 990080-1 (see 
Readers Services page and Elektor 
website) 

PCB & programmed EPROM: order 
code 990080-C 


*) if required 


Figure 4. The ‘keypad’ BALANCE O > Ret 


can be separated from 
the rest of the circuit 
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board. 


990080 - 13 








FRORONERENE, 
ILILILILILS 


w’, 
l. 
l. 
l. 
rak 


Y01313 (9) 
O c-080066 O 
630 
R 





Elektor Electronics 3/2000 29 


written such that the balance control 
works the same way as a ‘real’ balance 
potentiometer: if the balance is 
adjusted to the right the left channel is 
attenuated, and vice versa. In order to 
maintain the same level when the bal- 
ance is adjusted back and forth, when- 
ever the direction of the adjustment is 
changed the already attenuated chan- 
nel is first returned to the level of the 
other channel before the other channel 
is attenuated. 

With the volume control, it is neces- 
sary to check that the control value 
does not exceed the maximum level 
when the volume is increased or the 
minimum level when the volume is 
decreased. If the pushbutton in ques- 
tion is held depressed, a program loop 
repeatedly increments or decrements 
the attenuator value by 1. Of course, 
the maximum and minimum values 
must be checked for the balance 
adjustment as well. 

Prior to the initialisation, the three 
LSBs of port 1 are defined as outputs 
and the rest as inputs. After the initial- 
isation, an endless loop monitors port 
1. Each pushbutton switch has its own 
function, and there is only one valid 
combination of two switches, which is 
51+55 for the mute function. The pro- 
gram checks in turn whether S83, 
51+55, S1, $2, S5 or S4 is pressed. 
Pressing any other combination of 
switches has no effect. 


PRINTED CIRCUIT 
BOARD 

The printed circuit board for the digi- 
tal volume control is shown in Fig- 
ure 4. As already mentioned, this is laid 
out such that the part with the five 
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MODEO 
Bo 1 1 
B1 1 1 
B2 1 1 
B3 S6-1 S6-1 
B4 S6-2 S6-2 
B5 S6-3 S6-3 
B6 S6-4 S6-4 
B7 S6-5 96-5 
B8 1 1 
B9 0 1 
B10 0 0 


MODE1 


MODE2 MODE3 


(res) 


(res) 
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B11...B15 voor alle registers O (res) 


(res = reserved) 


pushbutton switches can be sawed 
loose so that it can (for example) be 
mounted on the front panel of the 
enclosure. 

What other practical advice can we 
give regarding the circuit board? Apart 
from the four ICs, the voltage regula- 
tor and the two connectors, there's 
actually very little on the board. We 
can thus limit ourselves to suggesting 
that you use good-quality sockets, pay 
attention to the polarisation of the elec- 
trolytic capacitors, and — don’t forget 
the wire bridges (yes, it’s still the most 
commonly made mistake. ..)! 

As can be seen in the photograph 
(Figure 5), it is easy to build the volume 
control into the enclosure of the Audio 
DAC 2000. Just mount the main circuit 
board on the bottom of the enclosure 
using stand-offs, and the pushbutton 
board at the front, possibly with the aid 
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Table 1. Summary of the 
settings for registers 
MODEO through MODE3. 


of an angle bracket. Plug in the flatca- 
ble between K2 and K3 of the volume 
control, and then the flatcable between 
K1 and the ‘S2 connector’ of the DAC 
circuit board, and you're all done. 
Oops, not quite: naturally you have to 
connect an 8-V supply voltage (AC or 
DC) to K4. However, if you have used 
the transformer board described in the 
January issue of Elektor Electronics to 
provide power to the Audio DAC, all 
you have to do is connect two wires to 
connector K4 on the transformer board! 

(990080-1) 


Figure 5. It’s easy to fit 
the volume control into 
the enclosure of the 
Audio DAC 2000. 
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